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Summary 

This report describes the design and construction of a 10-channel 
digital sound recorder using one-inch (25.4 mm) magnetic tape at about 
20 inches/second (500 mm/s). The requirements of the recorder are 
outlined, and the way is described in which head and tape capabilities are 
matched to the digital signal characteristics. 

An outline of the digital processing in the recorder is given, as is a 
summary of its performance. 

Possible future developments are indicated, and a resume of the 
recorder's usefulness in BBC Research Department is given. 
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1ULT1CHANNEL DIGITAL SOUND RECORDER 
F.A. Beilis, B.Sc, M.I.E.E. 



1. Introduction 

From its beginning, Research Department's 
work on digital recording was aimed towards tele- 
vision applications. Although early work resulted 
in 1972 in the construction of a stereophonic 
digital sound recorder using magnetic tape, 1 ,2 it 
was not thought at the time that the BBC would 
have a significant operational requirement for such 
a machine. Since then, however, the situation has 
changed considerably. 

It has always been thought that a multi- 
channel digital sound recorder would be a more 
economic proposition than a stereophonic one, and 
in 1974 engineers in BBC Radio began to express 
interest in the possibility of developing such a 
machine. Accordingly, Research Department's 
attention turned to the feasibility of such a recorder, 
and it was realised that with improved magnetic 
heads and tapes which were becoming available, 
coupled with an improved expertise in digital 
recording techniques, a digital machine which was 
competitive with conventional analogue tape record- 
ers was a practical possibility. 



possibly more channels would be essential. Effort 
was therefore concentrated on devising a digital 
machine with at least 8 sound channels. It was 
considered desirable to use tape no wider than 
one inch (25.4 mm) and that the tape speed should 
be from about 15 to 30 inches/second (380 to 
760 mm/s). Further, each sound channel should 
be self-contained, that is, it must be possible to 
erase and re-record individual channels whilst 
leaving the remainder unaffected. 

2.2 Factors affecting the choice of recorded format 

2.2.1 Tape and head performance 

Preliminary work had indicated that with 
existing head and tape technology and using delay 
modulation (Miller code), as depicted in Fig. 1 
along with NRZ (non-return to zero) coding, data 
could be recorded and replayed at packing densitites 
up to about 20 kbits/inch (800 bits/mm). In a 
practical machine, however, it is wise to aim some- 
what lower than this to take account of the rigours 
of studio use, and to keep head costs down to an 
acceptable level. About 13 kbit/inch (500 bits/mm) 
was considered reasonable. 



2. Factors affecting the specification 

2.1 General requirements 

At the time that the work was begun the BBC 
did not see much immediate use for multi-channel 
machines. It was believed that the techniques 
involved, that is, recording different parts of an 
item on separate tracks and mixing down as 
required later, was not particularly appropriate to 
broadcasting. Later, however, a desire to expand 
multi-channel operation within the Corporation 
was expressed, and it was thought that at least 8 or 



2.2.2 Signal bit-rate requirements 

Broadcast quality sound is limited to a 15 kHz 
bandwidth, and therefore, for digital coding a 
sampling frequency of about 32 kHz is suitable. 
This sampling rate is agreed to be adequate for 
broadcast quality by the European Broadcasting 
Union. 

The number of bits required to describe the 
value of each sample is determined by the required 
signal to noise ratio. Experimentally, 13 bits per 
sample gives a signal to quantising noise ratio of 56 



Fig. 1 - Data coded in 

Non-return to Zero (NRZ) 

and in delay modulation 

(Miller Code) forms. 



NRZ data 



delay modulation 
(Miller code) 
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to 58 dB* and this is considered to be satisfactory 
for overall broadcast quality. 3 Quantising distort- 
ion affecting very low amplitude signals is avoided 
by adding to the analogue signal a dither waveform 
comprising a square wave at half the sampling 
frequency with an amplitude of half a quantum, 
plus a small amount of random noise. 

Thus the overall bit rate for broadcast quality 
sound is 416 kbits/sec. Various systems have been 
devised to enable this bit rate to be reduced with- 
out noticeable signal impairment. 4 However, the 
incorporation of such systems in a digital sound 
recorder could seriously impair the flexibility and 
usefulness of the machine and substantially increase 
the cost per channel. 

2.2.3 Error susceptibility 

It has been shown, in digital sound distribution 
work, 5 that a random error rate of 1 in 10 s is 
acceptable provided that a detection and con- 
cealment system is used whereby each faulty 
sample-word is replaced by the most recent correct 
word. However, errors arising from tape dropouts, 
however, are not random but occur in bursts. At 
the bit-packing densities envisaged in the present 
work, a single dropout can result in the loss of 
several hundred bits. 

It was decided, initially therefore, to devise a 
comprehensive error correction scheme, which 
would deal with dropouts of any length; this 
implies of course that more than one recording 
track is allocated to each sound channel. 

2.2.4 Summary of requirements 

At least 8 channels on one-inch (25.4 mm) 
tape are necessary. The tape speed should not be 
excessive; it should be between 15 and 30 inches/ 
second (380 to 760 mm/s). The recorded linear 
packing-density should be about 13 kbits/inch (500 
bits/mm and must be able to accommodate a 
usable bit rate, that is to say an actual data bit 
rate, before error protection bits are added, of 
about 416 kbit/s. A comprehensive error correct- 
ion scheme should be provided. 



3. Recorded digital format 

The division of each sound channel among 

* The 'signal' level is taken as the normal BBC line-up level, which 
is 8dB below peak programme level, and is indicated at '4' on a 
BBC peak programme meter (PPM). The quantising noise is 
measured with a BBC PPM together with a weighting characteristic 
according with CCIR Recommendation 468. 



several tracks not only permits the use of an 
extremely effective error-correcting system, but also 
allows the available recording density to be matched 
closely with the bit rate of the audio signal. It is 
possible for example, to use a 42-track instrumen- 
tation-recorder to provide a single sound channel 
distributed among the 42 tracks, and employ a very 
low tape speed and very efficient error correction. 
Alternatively, it is possible to provide 42 sound 
channels (using one track per channel) but with a 
much less satisfactory and efficient error-correct- 
ing code. Clearly, somewhere between these two 
extremes lies the best choice. As at least 8 sound 
channels are required, a choice of 4 tracks per 
channel seems reasonable, giving 10 sound channels 
in all. This was the system adopted in the experi- 
mental machine. 

Now consider the error protection bits, which 
will be referred to as parity bits for simplicity. 
Both the audio data and parity bits must be dis- 
tributed among 4 tracks. If there are b data bits 
per sample word on each track, and it is necessary 
to cater for the complete failure of any one track 
(i.e. for an unlimited dropout length), then there 
can be b bits in error in each word. (In general, 
to be completely sure of correcting such errors 
requires 2b parity bits per word 6 ). Therefore 13 
parity bits must be associated with each 13 bit 
data word. In practice and for instrumental 
convenience an extra dummy bit* was added to 
the data word, making 14 bits, and therefore 14 
parity bits were used per word. There are thus 
28 bits in each complete word (data plus parity) 
and these are distributed as 7 bits on each of the 
four tracks, data on two and parity on the other 
two. 7,8 The data rate per track is thus about 
230 kbit/s. 



4. Signal processing 

4.1 Recording code 

Previous experience with digital recording has 
indicated that delay modulation is an extremely 
satisfactory recording code. 1,2 It gives a good 
match between the characteristics of the digital 
data and those of the magnetic heads and tape. 
Experiments showed that the required data rate of 
230 kbit/s could easily be accommodated at about 
20 inches/second (500 mm/s), leading to a longi- 
tudinal packing density of about 13 kbits/inch 
(500 bits/mm). 



* A 14th data bit can be recorded if desired, in place of the dummy 
bit. It is also possible to by-pass the analogue circuits and record 
14 bits directly. 
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Fig. 2 - The replay equalisation network 
incorporated in each head amplifier. 

4.2 Replay head amplifiers 

The demands on the replay head amplifiers at 



the relatively low data rates involved are not 
particularly great; high output heads are available 
and signal-to-noise ratio is no problem. Completely 
integrated operational amplifiers are used, with a 
balanced input from the heads into a video 
amplifier (Type SN 7514). This is followed by an 
equalising network, consisting of a low-Q parallel 
tuned circuit resonant at about l A of the bit rate, 
as depicted in Fig. 2, and a further integrated 
operational amplifier to raise the signal level 
sufficiently to drive a Type 710 integrated sheer to 
make the signal TTL compatible. There are 
three head amplifiers on one printed board. To 
illustrate the number of components used in the 
amplifiers, and to emphasise that, because the 
recorder is intended for experimental and not 
commercial purposes, no attempt has been made 
to minimise the area of circuit boards, a photo- 
graph of a head amplifier board is given in Fig. 3(a). 
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Fig. 3 

(a) A replay head amplifier board comprising three of the amplifiers. (b) A record driven board comprising seven of the drivers 

(PH-197) — 3 — 



4.3 Record drivers 

The record drivers are very simple, being merely 
electronic switches, operated by the coded data, 
which connect the heads to a source of voltage via 
a current limiting resistor. The recording current 
is adjusted in all tracks simultaneously by varying 
this voltage source. There are seven drivers per 
circuit board, as shown in Fig. 3(b). 

4.4 Main signal processing 

In order to economise in power consumption, 
and to restrict the amount of heat generated, most 
of the main processing equipment is implemented 
with CMOS components. It is operated from a 
5 volt supply rail so as to be easily interfaced with 
TTL, and is adequately fast under these conditions 
for the data rates involved. 

Five printed boards are associated with each 
sound channel, one replay board for each of the 
four tracks per channel, and one common board 



which deals with the pre-record processing and the 
error-correction encoding and the error-correction 
itself. 

4.4.1 Common processing board 

The common processing board accepts all the 
input data associated with one sound channel, 
inserts the framing pulses 1,2 * associated with 
timing correction, to compensate for tape and 
transport deficiencies, applies the error-correcting 
code and demultiplexes the complete digital signal 
into the signals for each of the four tracks. The 
signals are then coded using delay modulating and 
fed to the record drivers. 

This same board accepts the timing-corrected 
signal on replay, multiplexes it into one stream and 
applies error correction when necessary. 

Fig. 4(a) is a photograph of the board show- 
ing its modest complexity. 

* A seven bit framing pattern is used in conjunction with a 63 bit 
data block (70 bits per block in all). 



'mm 
Iflllls 
'4 ■ 



m m 



"iiii 




BshBtcSBbP 



■■•.-;: 






Jj§| 







Fig. 4 



(a) A common processing board serving four tracks. 



(b) A replay processing board serving on track. 
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4.4.2 Replay processing board 

Each replay processing board accepts the signal 
from its associated track via the head amplifier, 
regenerates a clock signal, decodes the delay 
modulation, and applies timing correction. The 
signal is then passed to the common processing 
board. A signal is also generated which indicates 
correct detection of the timing-correction framing 
pulses; if more than one of these indicating signals 
associated with any one sound channel indicates 
that these pulses have not been detected, it is 
assumed that an uncorrectable error (that is to say 
one affecting more than one track) has occurred, 
and a muting signal is sent to the appropriate 
digital-analogue converter. This same muting 
signal is also applied except when in the 'play' or 
'record' modes. 

The techniques employed in the common and 
replay processing boards 1,2 , details of timing 
correction, 1 ,2 and of the error correcting scheme 7, 
have been described in earlier Reports and papers, 
and so no more detail will be given here. Fig. 4(b) 
is a photograph of a replay processing board. 



5. Use of spare tracks 

10 sound channels using 4 tracks per channel 
occupy 40 of the 42 tracks on the instrumentation- 
recorder heads fitted to the experimental machine. 
There are thus 2 spare tracks. One is used for a 
time code, and the other, while unused at present, 
could be used to provide automatic control of 
editing and mixdown operations. 

The time code is the EBU* code 9 modified 
to have an accuracy of 1/100 sec. instead of 1/25 
sec. The overall bit rate of the time code is 
consequently increased to 8 kbit/sec, but this is 
no embarrassment as in this application it is well 
below the 230 kbit/s that can be accommodated 
on each track. The time code can be read at tape 
speeds from almost zero to about 4 times the 
normal running speed**. The tape can thus be 
accurately located by turning the spools by hand. 

Provision is made for stopping and starting 
the time code generator, and for re-setting it to 
zero. However it cannot be pre-set to a given time. 

* EBU denotes European Broadcasting Union. 

** The decoder is based on a BBC Designs Department Type 
CD3M/51 8 decoder. 



6. Operational controls 

A photograph of the complete recorder is 
shown in Fig. 5(a), and the signal control panel 
with time code display is detailed in Fig. 5(b). 

Provision is made to record on any or all of 
the channels independently. Channels which are 
to be replayed together must however be recorded 
together. If this is not possible, they may be 
recorded separately provided that while each one is 
recorded, the tape transport is locked to another 
independent channel in which a timing reference is 
recorded for the purpose. These precautions are 
necessary to ensure that the timing correction 
pulses are properly aligned on the tape. 

Push button monitoring is provided, using 
either a small built-in loudspeaker, or an output 
jack feeding an external loudspeaker. 

7. Performance 

The aim of the error correcting scheme is to 
give no more than two 'audible' events, (that is to 
say, errors which can be heard) in half an hour. 
This requirement was easily met. 

Signal to noise ratio is in no way dependent 
on the recorder, it is determined by the digital 
coding system and associated analogue circuits. 
Wow and flutter are absent, being completely 
corrected, and there is no tape-modulation noise, 
which is unavoidable on analogue tape recorders. 
Distortion too, is again essentially dependent on 
the coding system. 

Summary of recorder characteristics 

Tape speed 20 inches/second 



Tape width 
Tape type 
Number of tracks 



(510mm/s) 

1 inch (25.4 mm) 

Scotch 461 

42 (4 per channel, 
1 time code, 1 spare) 



Number of sound channels 10 



Error protection strategy 



Sig/noise ratio 



Correction code (see 
Refs. 7 or 8 for details; 
A Wyner-Ash (2,1) con- 
volutional code is used. 

56 - 58 dB (see foot- 
note on page 2). 

15 kHz 



Auto bandwidth 

Wow and flutter Zero 

Crosstalk between channels Better than —60 dB 

Tape-modulation noise None 
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Fig. 5 



(a) The complete 10-channel digital recorder. 

(b) The signal control panel, including the 

time-code display. 
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These characteristics compare very favourably 
with a high-quality machine using Dolby 'A' 
companding, with an almost identical tape con- 
sumption per channel. 



Company's 32-channel recorder 12 ; BBC Research 
Department collaborated in the development of 
this recorder, with particular regard to error 



correction 



7,8 



8. Conclusions 

A multi-channel audio recorder has been des- 
cribed, which has been widely used in Research 
Department whenever very high quality recordings 
have been needed. In particular it has been 
invaluable in work to assess the performance of 
several digital compandors in tandem without the 
need to build more than one compandor 10 , in 
recording high-quality loudspeaker test tapes, and 
in work on digital mixing desks 11 . 

Since the work described in this Report was 
completed several manufacturers have announced 
digital audio recorders with up to 32 audio 
channels. Notable among these is the 3M 
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